SPEECH CODING USING EM SENSOR AND ACOUSTIC SIGNALS
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ABSTRACT

Low-power, miniature EM radar-like sensors have
made it possible to measure properties of the
human speech production system in real-time,
without acoustic interference, at low cost.
Compression and other applications use an EM
sensor measured glottal signal, combined with one
or more acoustic signals, to robustly estimate
voiced excitation functions, transfer functions,
unvoiced speech segments, articulator gestures,
and background noise. Applications are speech
coding, de-noising, verification, recognition, voice
(and music) synthesis, and medical uses. In speech
compression, an almost 10-fold bandwidth
reduction has been demonstrated, compared to a
standard 2.4 kbps LPC10 protocol.

INTRODUCTION

It has been shown that very low power (< 0.3 mW)
(EM) radar-like sensors can measure conditions of
many of the internal (and external) vocal
articulators andvocal tract parameters, in real-time,
as speech is generated [1,2,3]. Recent work [4] has
determined the details of the physiological
processes that lead to EM sensor signals useful for
speech processing. These data enable the
construction of optimized EM sensors for specific
articulator measurements, e.g., vocal folds, vocal
tract or oral cavity wall motion, tongue, and other
organ movements; and optimized algorithms for
specific applications. In particular, a voiced
excitation function of speech is obtained by
associating EM sensor signals from the glottis with
glottal air-flow. These techniques enable accurate
transfer function generation, onset of voiced
speech, and accurate periods of phonation, robust
pitch (<1 Hz accuracy), and, using the statistics of
the user’s language, enable the definition of
periods preceding and following phonation when
unvoiced speech is likely to occur.

In addition, they enable the determination of
periods of no speech, during which no coding (i.e.,
no bandwidth) is needed, or during which
sampling, processing, and removal of background
noise can reliably take place [4] or data can be sent
(depending on latency constraints).
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Fig. 1 . Four poles and two zeros per phoneme are
needed for acceptable speech intelligibility /ah/

NARROW BANDWIDTH VOCODING
The glottal EM sensor, i.e., GEMs, signal is used
in three critical areas: (1) Speech detection and
typing, where the speech signal is classified into
voiced, unvoiced, and silence segments. (2) The
excitation function, from GEMs data, is used to
compute a short term transfer function using an
autoregressive moving average model. This
process yields a pole-zero representation that
provides a direct physical mapping to the spectral
formants. Since physical vocal articulator motion
is slowly varying, the resulting poles and zeros
“move” slowly in the complex plane, so the coding
algorithm can compact the information into a
small number of bits/sec. Experiments have found
that a minimum of 4 poles and 2 zeros are needed
to model each phoneme as shown in Fig. 1. For
compression, this pole-zero model is superior to an



all-pole LPC model, which requires many poles
(and bandwidth) to model the presence of zeros in
the transfer function. (3) The third advantage is
that accurate and economical timing information is
generated by using measured pitch periods as basic
timing units, and it enables synchronous transfer
function processing.
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Fig. 2 GBC vocoding of the word “PRINT” at 300
bps

The algorithm first compresses the pole and zero
information by utilizing their relatively slow
motion on the complex Z plane over a packet
transmission interval say one second. Over a
~300ms, the trajectory of poles can be fitted with a
cubic polynominal. Thus instead of transmitting 30
coefficients per pole or zero, only 6 coefficients
are needed, representing a 5-fold reduction in
bandwidth. Similarly, pitch can be coded by a one-
time header, with small prosody changes using 3
bps. Unvoiced segments can be represented by a
catalog of 8 fricatives using 5 bps, plus amplitude
and timing. Thus one arrives at 480 bps for voiced,
280 bps for unvoiced, and 20 bps for silence. Now
assuming an occurrence probability of 0.5, 0.2,
and 0.3 for each type of speech respectively, the
average GBC transmission bandwidth (for this
example) becomes approximately 312 bps

averaged over a few seconds of speech. Higher
bandwidth can be used for improved fidelity

CONCLUSION
The robust measurement of the speech process,
made possible with this new class of speech
sensors, enables many established as well as new
algorithms to be used with confidence and
improved effectiveness [5].
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